ABSTRACT
1982, wind observations to drive a linear, stratified stochastic ocean model which includes bottom friction. The model results are expressed as statistics of the flow field which can be checked against observations. CODE aircraft winds from 1 982 low-level alongshore flight tracks were converted to stresses and then subjected to wave number spectral analysis. Results show about 1 order of magnitude more energy at wavelengths shorter than 50-1 00 km than would be expected from the extrapolation of larger-scale spectral estimates based on buoy wind time series. Thus, for the CODE region, the forcing is energetic at relatively short length scales. The model results for cross-shelf velocity support our hypothesis, in that the modeled alongshore coherence length scales are indeed much shorter than those from a large-scale-only modeL. For example, at a 7-day period, the present calculations predict a coherence squared of 0.3 at a 35 km separation, while the large-scale-only model predicts 0.3 at 250 km. The observations show a 35-50 km scale for 0.3 coherence squared. However, while cross-shelf current variances are increased, they are stil about a factor of 5 or more smaller than the CODE shelf observations over the shelf. 
A HIGH PERFORMANCE MICRO-POWER CTD SENSOR
Neil L. Brown ABSTRACT This paper describes a small, light-weight, precision CTD system using simple, low cost power electronics. The analog circuitry ~onsumes 7 miliWatts, and the microprocessor consumes 20' miliWatts.
Microprocessors currently under development are expected to consume significantly less power and wil be used in future implementations of this concept.
High accuracy is achieved in two ways. The basic electronics described below are linear and reasonably stable. They are calibrated once every 1.5 seconds against precision resistance reference networks which simulate the outputs of the sensor bridges for three precisely known values at approximately 0, 50 and 100% of full scale of each of the measured parameters. The known values are accurately determined at the time of laboratory calibration. At each "calibration" of the electronics, simple polynomials ~xpressing the relationship between the digital outputs and each parameter are recalculated, thus correcting for any drift in the electronics.
Thus, accuracy depends only on the relationship between the outputs of the sensors and the calibration network and is independent of the stability of the electronics.
The extreme simplicity of the hardware was achieved by the use of a simple switching circuit (chopper) to precisely convert a DC output voltage to a square wave voltage exactly equal to the sensor or calibration circuit. This DC voltage is then digitized using an inexpensive commercially available AID converter. This technique (which has been patented) is inherently linear and stable.
improve the performance of acoustic communication systems.
To this end, two methods of noise cancellation are examined both theoretically and experimentally. The first, called the cascade method, makes use of a conventional adaptive noise cancellation algorithm followed by a receiver with adaptive equalization. The second noise cancellation method involves a recently-proposed multi-channel adaptive receiver algorithm.
It is shown that the multi-channel receiver can operate reliably in a signal-to-noise ratio of -3dB or worse, a gain of about 10dB over a conventional receiver for the codes and data-rates used. The cascade method, however, has a performance inferior to that of the multi-channel receiver due to adaptation noise. depending on their drift tracks.
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The SSAR mechanical design is a unique configuration utilizing a small surface buoy to support satellte antennas and an 80 meter long reinforced rubber stretch hose which allows a protected low stress path for the signal conductors in the wave zone, and provides compliance to minimize wave frequency excitation of the suspended acoustic array.
The SSAR electrical design has two elements; the lower system consisting of a 6-element acoustic array, acoustic receiver, AID converter, processor (a 286-based, low power computer), and an acoustic navigation system. The acoustic navigation system locates the array with respect to the surface buoy, which is located using a GPS receiver. The upper electronics system (in the surface buoy) consists of the GPS receiver, an Argos transmitter with multiple IDs, computer, and an acoustic responder.
Communication between the two electronic systems is via RS-485 using 3 conductors which run through the elastic hose and the electromechanical cable. for use in underwater acoustic communications, particularly in shallow water applications and in acoustic local area networks. As the current generation of commercial telemetry devices do not meet the computational requirements of such algorithms, a new compact signal-processing module has been developed. The key specifications for this unit were that it be able to provide data processing rates of at least 80Mflops (milion floating-point operations per second) while being sufficiently compact for hand deployment and having low quiescent power consumption for long-term deployment.
This paper presents details of the modem hardware and software architecture together with preliminary results from the first deployment using the new system. Approaches to video compression commonly combine stil image coding techniques with simple motion estimation and compensation algorithms. This work focuses on the compression of stil underwater images, which tend to exhibit low contrast and detail due to the poor lighting in a deep ocean environment. Underwater image compression algorithms should therefore be geared toward exploiting this feature of such images. The Joint Photographic Expert's Group (JPEG) algorithm is a standard approach to image compression which relies on the excellent energy compaction of the Discrete Cosine Transform (DCT). The algorithm achieves high rates of compression yet produces an undesirable "blocky" effect in the reconstructed data.
A separable 2D wavelet transform provides a means of decomposing an image into detail subbands which highlight horizontal, vertical, and diagonal spatial orientations. The Human Visual System (HVS) has maximum sensitivity toward horizontal and vertical contrast and minimum sensitivity toward diagonal contrast. A compression algorithm which employs a wavelet decomposition can then account for these characteristics of the HVS and weight the wavelet coefficients of various subbands A significant milestone in the development of such a network has been the recent demonstration of a multichannel adaptive receiver for coherent underwater communications. As the current generation of commercial telemetry devices do not meet the computational requirements of this algorithm, a new compact, high-performance modem has been developed at WHOI. This unit has a processing capacity of more than 80Mflops (milion floating-point operations per second) and contains a fullfeatured personal computer.
In this paper, the capabilities of the new modem are reviewed together with preliminary results from two deployments of a network of six modems. The results highlight the ability of the new modem to autonomously monitor network configuration and channel quality. algorithm is presented which is suitable for adaptive eqÜalization and source localization in shallow water acoustic channels. The algorithm adjusts its computational complexity, measured in FLOPS per update, in a decreasing fashion with the relative signal strength, by ignoring "insignificant" dimensions of the channeL. The algorithm reverts to the well-known fast RLS algorithms when the signal quality is weak and may be combined with reduced period updating techniques. Examples ilustrate computational savings in excess of one order o.f magnitude, permitting a tripling of the maximum data rate through these complexity -limited communication channels. concentration. Specifically, we employ two different methods of estimating "average particle size." First, we use vertical scattering intensity profile slopes (acoustical and optical) to infer average particle size using a Rouse profile model of the boundary layer and a Stokes law fall velocity assumption. Secondly, we use a combination of optics and acoustics to form a multifrequency (two frequency) inverse for the average particle size.
These results are compared to independent observations from the L1SST instrument, which measures the particle size spectrum in-situ using laser diffraction techniques. Rouse profile based inversions for particle size are found to be in good agreement with the L1SST results except during periods of transport event initiation, when the Rouse profile is not expected to be valid. The two frequency inverse, which is boundary layer model independent, worked reasonably during all periods, with average particle sizes correlating well with the L1SST estimates.
In order to further corroborate the particle size inverses from the acoustical and optical instruments, we also examined size spectra obtained from in-situ sediment grab samples and water column samples (suspended sediments), as well as laboratory tank experiments using STRESS sediment. Again, good agreement is noted. The laboratory tank experiment also allowed us to study the acoustical and optical scattering law characteristics of the STRESS sediments. It is seen that, for optics, using the cross sectional area of an equivalent sphere is a very good first approximation, whereas for acoustics, which is most sensitive in the region ka -1, the particle volume itself is best sensed.
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In concluding, we briefly interpret the history of some STRESS 
ABSTRACT
Obtaining high-quality full-depth profiles of ocean temperature and salinity has been limited for more than a century by the need for a suitable winch, by the speeds at which instruments can be safely lowered and retrieved, and by the time needed for probes to adjust to changing environments. The desire to make the operation more time-efficient and (ideally) independent of winches has been around just as long. Although significant progress has been made in measuring the upper ocean with expendable probes, they are unlikely to provide WOCE-quality measurements in the deep ocean within the foreseeable future. However, in the early planning stages of WOCE it was realized that recent advances in technology could be used to develop an autonomous, highspeed, reusable instrument package that would return quality data from great depths.
In response to that need, the Fast Hydrographic Profiler (FHP) has
been developed by Albert M. Bradley, Joshua K. Hoyt, Alan R. Duester and Stephen P. Liberatore at the Woods Hole Oceanographic Institution's Advanced Engineering Laboratory. The design considerations included accuracy and precision of the measured data, the sampling rate, buoyancy and hydrodynamic drag of the instrument platform, ease and safety of use, and the system's durability and on-deck turn-around time. telemetry link developed at A.E.L. The DPM, originally developed to provide in-situ processing, data reduction, and telemetry of Narrow Band ADCP data, was revised during a JAMSTEC-WHOI collaboration, to process and offload BroadBand ADCP data from remote sites via ARGOS. The planned nine month duration of the velocity profiles from the Beaufort Sea were provided to Dr. AI Plueddemann over the satellte link for a year and a half. Another buoy deployed 11 5 miles from the North Pole, in the center of the Transpolar Drift sea-ice current, sent ADCP data for 3 months before the link failed due to a PTT malfunction.
The motivation for the DPM development was the desire for real time data in light of the difficulties of recovering data stored in instruments, in rugged, remote environments such as the Arctic. extended, time varying multipath. In order to accommodate for both of these phenomena, we considered a receiver which performs jointly optimal phase synchronization and channel equalization. Since the intersymbol interference on some underwater acoustic channels spans several tens of symbol intervals, making the optimal, maximum likelihood receiver unacceptably complex, we use a suboptimal, but low complexity decision feedback equalizer. The mean squared error multiparameter optimization results in an adaptive algorithm which is a combination of recursive least squares and second order digital phase and delay locked loops. The use of a fractionally spaced equalizer eliminates the need for explicit symbol delay tracking.
The proposed algorithm is applied to experimental data from three 
TIME SERIES TECHNOLOGY FOR MEASUREMENTS OF MICROBIAL RATE PROCESSES AND CHEMICAL STATUS IN
THE OCEANIC ENVIRONMENT Craig D. Taylor and Kenneth W. ,Doherty
ABSTRACT
Variables within the physical and bio-optical sciences have by-andlarge been most successfully applied to long term, high resolution time series studies of the oceanic environment, but data often provide only an indirect measure of chemical status and biological activity. Unfortunately, most of the directly measured chemical and biological variables that one may wish to correlate with the physical world, such as primary production and inorganic nutrient concentration, are not typically measured at a temporal resolution sufficient to permit cause and effect to be effectively deduced.
Chemical and biological measurements tend to be controlled as much by the logistical capabilities of the investigator as by any consideration of the temporal and spatial scales of the environmental changes that may actually be occurring.
Our laboratory has endeavored to reduce this temporal disparity between key chemical and biological measurements, and correlative high resolution physical and biophysical measurements. To this end we have been working on two lines of autonomous technology. The first, a Time 
A 16 BIT DUAL MEMORY BUFFER
Jia Qin Zhang and Jim Varnum A 1 6 bit dual memory buffer was designed to meet the need for an acoustic signal data recording system. A dual buffering capability was required to handle the large data throughput and transfer to hard disk for storage. This buffer has two memory resources with 128K word capacities.
The structure of this buffer also includes an address counter for sOl.ce' data writing access. The counter is designed to control both sides of the memory and can be set to a certain value by software, so the source data can be stored in any location and the size of the data block can be controlled. The main flexible feature is the size of data block to feed to a buffer. From the size of data frame the cpu assigns the counter location for the next data frame while the current data frame is continuously fed in. When the source side reaches the last data frame, the cpu reloads the counter address to the beginning of the buffer for the next frame.
When the buffer block is completed, the cpu switches the data route to another buffer before the next data frame is started. The source issues an interrupt to inform the cpu that the new data frame follows.
When a buffer is fully written with data, the source data is directed to a second buffer which is empty (all data is transferred to disk by the cpu). The filed buffer is controlled and accessed directly by the cpu, all the data from this buffer wil be written to hard disk as a data block. An important feature of this device is that while the source is continuously writing data to one side of the buffer, the data flow is never interrupted, as long as the data rate for disk writing is larger than the source rate (1 60K bytes per second).
The buffer is transparent to both the data source and the cpu sides. The source only needs to provide a single address line, put in a data word, and then assert a write pulse.
The cpu can readlwrite both sides of the data buffer. Whenever the new data frame begins, the cpu has to write a data header at the location of the data frame, which includes the date, time, longitude, latitude, length of the frame, frame number, etc.
Arbitration is done by cpu. The cpu is busy writing data to disk as long as there is data in the buffer. It is interrupted by the source when a new data frame is started. Inside the interrupt routine the cpu does one simple job; to decide and to precondition the arbitration logic. This greatly saves time for the source side since the source is free to write data as soon as a data word is ready.
The redirection of the counter, the reorientation of the two buffers and all other logic swaps are performed and activated by the interrupt pulse itself. Hardware swap logic makes the resource reorientation very fast and reliable. It includes a flag switch, a set of flip-flops, an enable control and associated logic. The original design used two separate counters to perform the task for address access and. for address reload. Changes have been made to low,er the hardware count. In the present design only one counter is employed with newly designed control logic to the tasks.
The data reading hardware for the address counter has also been removed. To save time, we removed the reset procedure for the address counter and used a simple hardware device to perform this function using an interrupt pulse.
Three PLD devices (Altera parts) are programmed to interface and decode the 1 6 bit signaL. A Megatel product (a modified PC-104 computer) is used as the system controller and a SCSi disk is used to record the data.
Laboratory tests confirmed the expected data rate of 1 60K bytes per second.
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AN ADAPTIVE LINEAR MULTIUSER RECEIVER FOR DEEP
WATER ACOUSTIC LOCAL AREA NETWORKS Zoran Zvonar, David Brady, and Josko Catipovic
ABSTRACT
The Acoustic Local Area Network (ALAN) is designed for multipointto-point telemetry between ocean bottom sensors and a surface receiver in deep water areas. The main obstacle for coherent communications in this channel is strong multiple-access interference from co-channel signals, which affects a common narrowband request channeL. Throughput and packet delay in this network depends on the capability of the receiver to resolve collsions between request packets. In this paper we propose an adaptive multiuser receiver for joint parameter estimation and multiple-access interference cancellation. It extends pervious work on adaptive multiuser detectors to the more realistic communication scenario by estimating signal parameters rather than assuming that they are known. The adaptive approach is different from the one used in centralized multiuser receivers in that no knowledge of the signature sequences of any of the active users is We address the problem of signal detection in highly variant shallow water environments, in the presence of strong co-channel interference from other acoustic modems in the network. The signals of different users occupy the same bandwidth, making the respective channel responses and the underlying da~a symbol sequences the only distinction among distorted replicas observed at the receiver. We compare the performance of a singlesensor decision-feedback equalizer (DFE) against a centralized multiuser receiver which jointly performs adaptive equalization and interference cancellation, and against a decentralized multi-sensor DFE which performs spatial signal combining and multichannel equalization.
Performance of different receiver structures was tested on real data collected at a one-mile range in the Woods Hole harbor, from two closely separated sources. Excellent results were obtained at signal-to-interference ratios as low as -10 dB, showing the performance improvement of proposed techniques over DFE in a network scenario. 
